METHOD AND APPARATUS FOR EMBEDDING DIGITAL 
AUDIO DATA IN A SERIAL DIGITAL VIDEO DATA STREAM 

Background of the Invention 
5 This invention relates to a method and apparatus for 

embedding digital audio data in a serial digital video data 
stream. 

SMPTE 2 59M-1993 (hereinafter referred to simply as SMPTE 
259) defines the serial digital interface (SDI) signal format 
10 for video. In accordance with SMPTE 259, video is 

transmitted as 8-bit or 10-bit serial data at 143, 177, 270 
or 360 Mb/s. 

The SDI signal format allows a user of equipment that 
p supports this standard to interconnect discrete items of 
jCl5 equipment with the assurance that the different items are 
compatible with respect to the form in which video data is 
supplied or received by the respective items . 

The SDI signal format specifies locations at which 
%j ancillary data can be accommodated in the field of a 

^20 composite digital signal or a component digital signal. For 
convenience and brevity, the following description will focus 
on component digital signals. Much of the description is 
also applicable directly to composite digital signals. Those 
\Q skilled in the art will recognize where the description is 

25 not applicable to composite digital signals and will 

understand how the description should be modified to render 
it applicable to composite digital signals. 

ANSI S4.40 prescribes a data stream for digital audio 
data. The data stream, which is known as the AES-3 data 
30 stream, or simply the AES data stream, is composed of a 

succession of frames, each frame containing two subframes and 
each subframe containing 32 bit cells. Subframe 1 contains 
an audio data sample for audio channel 1 and subframe 2 
contains an audio data sample for audio channel 2 . The two 
3 5 channels of the AES data stream may be, but need not be, 
related, for example as left and right stereo channels . 
Referring to FIG. 1, each subframe contains a preamble of 4 
bit cells, 4 bits of auxiliary data, 20 bits of sample data 
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and 4 additional bits, which are referred to as V (validity), 
U (user) , C (channel status) and P (parity) . The four bits 
of auxiliary data may be used as added sample data space, 
allowing 24-bit samples, although the usual sample is 20 
5 bits. 

SMPTE 272M-1994 (hereinafter referred to simply as SMPTE 
272) defines the mapping of AES digital audio data into the 
horizontal ancillary data, or HANC, space of the SDI data 
stream, resulting in a serial data stream including both 
10 video data and audio data. The horizontal ancillary data 
space has a preset range of word locations for ancillary 
data: for example, in the case of the component digital SDI 
signal format based on 52 5 lines, 2 9.97 frames per sec, the 
#=l word locations are 1444-1711. 

-J315 At the preferred 48 kHz audio sample rate, there are 

LJ 

^ 192 0 samples during one frame interval of a video signal 



=p having a 25 Hz frame rate and 1601.6 samples during one frame 

jj interval of a video signal having a 29.97 Hz frame rate. 

Si Thus, there are 3.072 audio samples per line interval for a 

^20 625 line, 25 Hz video signal and 3.051 audio samples per line 

2 interval for a 525 line, 29.97 Hz video signal. In order to 

M 5 provide a uniform distribution of audio samples throughout 

LJ 

= the frame of the composite audio-video data stream, three 

dp samples are placed in the HANC space of most lines of the 

25 video signal and four samples are placed in other lines. 

SMPTE standards specify that there should be no samples in 
the HANC space immediately following the switch line. 

In accordance with SMPTE 272, sample data for one audio 
group, consisting of one or two AES digital audio data 

3 0 streams (each having two channels) , is used to construct an 
audio data packet (or base packet) which is inserted in the 
HANC space on a given line. Referring to FIG. 2, in the case 
of digital composite video the first four words of the base 
packet are a data header, data ID, data block number and data 

3 5 count. There are then two or four channels, each containing 
an unspecified number of sets of three consecutive sample 
data words X, X+l and X+2 (subject to a maximum of 2 55 user 
words) . The final word of the base packet is a check sum. 
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In; the case of digital component video, the data header is 
three words long, but the structure of the base packet is 
otherwise the same. 

The channels are organized in a sequence (e.g. 1, 2, 3, 
5 4 in the case of four channels) and the sequence of channels 
repeats in the SMPTE 272 packet a number of times equal to. 
the number of audio samples (typically three or four) to be 
accommodated by the SMPTE 272 packet. Each set of three 
consecutive sample data words X, X+l, X+2 represents one 
10 audio data sample. 

A single data sample for one AES channel is derived from 
the 20 bits of sample data and the V, U and C bits of one AES 
subframe, and these twenty- three bits are mapped into the 
p three consecutive sample data words X, x+l, x+2 of one 
j£jl5 channel of the SMPTE 272 packet. In the case of a group 
g% containing four channels, there are 36 sample data words 

=F (three samples * three words per sample * four channels) in 

jj| the audio data packet if the packet contains three samples 

SJ and there are 48 sample data words in the packet if the 

L,20 packet contains four samples. 

y3 The auxiliary data of two AES data streams of one audio 

group may be used to construct an extended data packet to be 
^ inserted in the HANC space on the same line as the base 

y3 packet. The extended data packet is composed of a data 

25 header (one word or three words depending on whether the 

digital video is composite or component) , data ID (one word) , 
data block number (one word) , data count (one word) , an 
unspecified number of auxiliary data words, and a check sum 
(one word) . The auxiliary data bits of the two AES subframes 
30 of one AES frame are mapped into one auxiliary data word of 
the extended data packet. The extended data packet for a 
given group immediately follows the base packet for that 
group and the number of auxiliary data words must match the 
number of samples in the base packet. 
3 5 The ancillary data space of the SDI signal derived from 

a digital composite video signal is able to accommodate only 
one group (four digital audio channels, corresponding to two 
AES streams) , whereas the ancillary data space of the SDI 



signal derived from a digital component video signal is able 
to accommodate four groups (sixteen digital audio channels, 
corresponding to eight AES streams) . On each line that 
contains ancillary data, there is a base packet for each 
group and there is also an extended data packet for any group 
containing an AES data stream that includes auxiliary data. 

The data ID of the base packet and extended data packet 
reflects the number of the group to which the two AES streams 
used to form the packets have been assigned. 

Under SMPTE RP 165, an EDH (error detection and 
handling) packet may be included in the HANC space of one 
line per field. The EDH packet is inserted at the end of the 
HANC space. The embedder must take care to ensure that the 
EDH packet is not overwritten by audio packets, particularly 
in the case of the 270 Mb/s format where the HANC space is 
not large enough to support four groups of data with four 
samples per group as well as the EDH data. 

In accordance with SMPTE 272, if a signal includes 
horizontal ancillary data, the ancillary data must start 
immediately after the EAV (end of active video) timing 
reference signal and all packets of ancillary data must be 
contiguous. Accordingly, there should be no ancillary data 
in the HANC space after the start of blanking. 

A conventional device for embedding an audio group in an 
SDI video data stream operates by constructing the base 
packets (20 bits of audio data) and multiplexing the base 
packets into the digital video data stream immediately after 
the EAV timing reference signal. At the receiving end, the 
receiver detects the header of the audio data packet and 
controls a demultiplexer which extracts the ancillary data 
from the data stream, allowing the AES subframes to be 
reconstructed . 

If the video data stream is able to accommodate more 
than one group, conventional embedder s operate in cascade 
fashion. Thus, in the event that sixteen channels are to be 
embedded, a first embedder receives both the SDI data stream 
containing no ancillary data and audio data channels 1-4 and 
embeds the audio data channels into the serial digital video 




data stream to create a 1:4 (1 channel video, 4 channels 
audio) SMPTE 272 data stream and supplies the 1:4 data stream 
to the second embedder . The second embedder, which also 
receives audio channels 5-8, constructs an audio data packet 
containing audio channels 5-8 and multiplexes the audio data 
packets into the 1:4 data stream to provide a 1:8 SMPTE 272 
data stream. The third and fourth embedder s operate in 
similar manner to the second embedder, each adding four audio 
channels to provide, respectively, a 1:12 SMPTE 272 video 
data stream and the desired 1:16 SMPTE 272 video data stream. 

This approach to embedding up to sixteen channels of 
audio data in the SDI video data stream is subject to 
disadvantage because it requires a full-functioned embedder 
for each group and does not allow the function of one 
embedder to be shared over several groups . 

Further, there may be as much as 2 ms delay in each 
embedder. Therefore, if audio channels 1-4 are synchronized 
with audio channels 13-16 when the channels are provided to 
the first and fourth embedders respectively, channels 1-4 
will delayed by as much as 6 ms relative to channels 13-16 in 
the final data stream because of the delay suffered by audio 
channels 1-4 in the first through third embedders. It is 
generally considered that a delay greater than 1 ms will 
produce objectionable loss of lip sync and therefore use of 
cascaded embedders requires careful synchronization of the 
audio channels . 

If the time evolution of a sound field is converted to a 
data stream by employing microphones to generate a multi- 
channel electrical signal and digitizing the channels using 
sample clocks that are aligned in time, the several digital 
audio channels are said to be phase coherent. Loss of phase 
coherency by as little as one sample period in processing or 
propagating the multi-channel audio data stream can lead to a 
perceptible loss in audio image quality when the data stream 
is converted to analog form and used to drive loudspeakers 
for recreating the sound field. 

The phase coherency of a multi-channel audio data stream 
is preserved when the data stream is embedded and disembedded 



provided the data stream is processed as one audio group. 
Conventional stereophonic audio requires only two channels, 
both of which can be included in one group, and accordingly 
phase coherency can be preserved over embedding and 
5 disembedding . However, some applications require use of more 
than four audio channels to create an audio image and this 
requires use of more than one audio group for embedding the 
multi-channel audio data stream. Conventional embedders 
cannot assure that phase coherency is preserved across 
10 groups. 

Summary of the Invention 
In accordance with a first aspect of the invention there 
q is provided a method of embedding audio data of at least two 
^0l5 audio data groups in an ancillary data space of a serial 

w 

y=t digital video data stream, comprising multiplexing the audio 
=P data groups to provide a serial multi-group audio data 

stream, and inserting the serial multi-group audio data 
SJ stream into the ancillary data space of the serial digital 

!_20 video data stream. 

O 

In accordance with a second aspect of the invention 
p there is provided apparatus for embedding at least two audio 

t p data groups in an ancillary data space of a serial digital 

S video data stream, comprising an embedder for formatting data 

25 of a first audio data group, generating data packets from the 
formatted data and inserting the data packets into the 
digital video data stream, and an expansion device for 
formatting data of a second audio data group and supplying 
formatted data to the embedder, and wherein the embedder 
3 0 generates data packets from the formatted data of the second 
audio data group and inserts the data packets into the 
digital video data stream. 

In accordance with a third aspect of the invention there 
is provided a method of embedding ancillary data in an 
35 ancillary data space of a serial digital interface video 

stream, wherein each line of the video stream is composed of 
a horizontal ancillary data space followed by an active 
interval, said method comprising during the horizontal 
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ancillary space of line n of the video stream, reading all 
data from a video FIFO, whereby at the start of the active 
interval of line n+1 of the video stream the video FIFO 
contains no data, during the active interval of line n, 
5 preparing an ancillary data packet and loading the data 

packet into the video FIFO, during the horizontal ancillary 
data space of line n+1 of the video stream, reading all data 
from the video FIFO and inserting the ancillary data packet 
into the horizontal ancillary data space of line n+1, whereby 
10 at the start of the active interval of line n+2 of the video 
stream the video FIFO contains no data. 

In accordance with a fourth aspect of the invention 
there is provided a method of processing multiple audio data 
q streams, comprising writing the first and second audio data 

^Sl5 streams into respective FIFOs, reading the audio data streams 

hi 

^ from the respective FIFOs, combining the data streams read 

=p from the FIFOs, periodically testing depth of data in each 

FIFO, and forcing the depth of data in each FIFO to a 
Sj selected value. 

B _20 In accordance with a fifth aspect of the invention there 

is provided a method of embedding ancillary data in the 

M= horizontal ancillary data space of a serial digital video 

hi 

^ stream, wherein each line of the video stream is composed of 

^0 a horizontal ancillary data space followed by an active 

25 interval, said method comprising receiving the input serial 
digital video stream, detecting whether ancillary data is 
embedded in the horizontal ancillary data space of the input 
serial digital video stream, if no ancillary data is embedded 
in the input serial digital video stream, embedding ancillary 

3 0 data in the serial digital video stream, if ancillary data is 
embedded in the input serial digital video stream, operating 
either in a cascade mode or in an originate mode, and wherein 
operating in the originate mode includes the step of 
embedding ancillary data in the horizontal ancillary data 

3 5 space of the serial digital video stream by overwriting data 
in the input serial digital video stream, and operating in 
the cascade mode includes the step of embedding ancillary 
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data in the serial digital video stream without overwriting 
data in the input serial digital video stream. 

In accordance with a sixth aspect of the invention there 
is provided apparatus for disembedding at least two audio 
5 data groups from an ancillary data space of a serial digital 
video data stream, comprising a disembedder for reading data 
packets of at least two groups from the digital video data 
stream, formatting packet-wise data of a first audio data 
group as sample-wise data and outputting the sample-wise data 
10 of the first audio data group, and an expansion device for 

receiving packet-wise data of a second audio data group from 
the disembedder, formatting packet-wise data of the second 
audio data group as sample-wise data and outputting the 
g sample-wise data of the second audio data group. 

y-% Brief Description of the Drawings 

=p For a better understanding of the invention, and to show 

_Jj how the same may be carried into effect, reference will now 
SJ be made, by way of example, to the accompanying drawings, in 

20 which 

FIG. 1 illustrates the structure of the AES audio data 
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y* subframe, 

FIG. 2 illustrates mapping of AES audio data into a data 
y3 packet for including in the HANC space of the SDI signal, 

25 FIG. 3 is a block diagram of an embedder for embedding 

up to four audio channels in a serial digital video data 
stream, 

FIG. 4 illustrates the structure of a serial audio data 
stream derived from the AES audio data stream internally of 
3 0 the embedder shown in FIG. 3, 

FIG. 5 illustrates the structure of 8-bit parallel data 
derived from the serial audio data stream shown in FIG. 4, 

FIG. 6 illustrates the structure of 9-bit parallel data 
derived from the 8-bit parallel data shown in FIG. 5, 
3 5 FIG. 7 illustrates the structure of sample data in an 

audio data packet derived from the 9-bit parallel data shown 
in FIG. 6, 



FIG. 8 is a block diagram of an expansion device for 
allowing the embedder shown in FIG. 3 to embed up to sixteen 
audio channels, 

FIG. 9 is a block diagram of a disembedder for 
disembedding up to four audio channels, and 

FIG. 10 is a block diagram of an expansion device for 
allowing the disembedder shown in FIG. 9 to disembed up to 
sixteen audio channels. 

Detailed Description 

The embedder shown in FIG. 3 has two main functional 
blocks, namely a video processor 4 and an audio processor 8. 
The video processor 4 includes a video format detector 18, an 
embedded group detector 22 and a video multiplexer 26. The 
audio processor includes a packet formatter 30, a packetizer 
3 4 and an AES engine 38. 

A 10-bit SDI video signal is received at an input 
terminal 10 which supplies the SDI signal to an SDI front end 
14. The SDI front end 14 includes a cable equalizer which 
compensates for frequency dependent attenuation of the 
signal, an SDI receiver which extracts a clock signal SDI CLK 
from the SDI video signal and provides as output the serial 
video data stream, and a presence detector which provides a 
signal to energize an LED 16 to indicate that an SDI video 
signal is being received. The SDI front end also includes a 
descrambler which descrambles the serial data stream and a 
deserializer which receives the descrambled serial digital 
data stream and provides a 10-bit parallel output signal. 
The functional components of the SDI front end are not 
separately shown because they may be of conventional type. 
The 10-bit parallel output signal of the SDI front end is 
supplied to the video processor 4 . 

The video format detector 18 examines the output signal 
of the SDI front end 14 and determines the format of the 
video signal from which the SDI signal was derived. Based on 
the format of the video signal, the format detector 18 
provides a flag HANC START to the embedded group detector 22 
signifying the start of the ancillary data space for the 
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current line, a HANC END signal to the packet formatter 30, 
signifying the end of the ancillary data space for the 
current line, and a SAMPLE NUMBER signal to the packet 
formatter 3 0 indicating, on the basis of the particular 
5 format that has been detected and the current line number, 
whether zero, three or four audio data samples should be 
included during the HANC space of the next line of the video 
signal . 

The embedded group detector 22 uses the HANC START flag 
10 to examine the ancillary data space of the video data stream 
and determine whether it already contains ancillary data. If 
the embedded group detector detects ancillary data, it 
examines the data ID in the data header of each packet and 
□ provides a signal to the packet formatter 3 0 indicating 
^15 which, if any, groups it has detected. The packet formatter 
2 responds to the signal provided by the embedded group 

=P detector by energizing Groups In LEDs 42 to indicate the 

SJ 

5= group number (s) of the detected ancillary data. 
SI The embedder shown in FIG . 3 has three AES receivers 

^20 4 6 A , 4 6 B and 46 ref for receiving respective AES audio signals 
y« AES A, AES B and AES REF each having a 48 kHz sampling rate. 

The signals received by the receivers 46 A and 46 B contain 
Jpi active audio data whereas the signal received by the receiver 

y3 46 ref is a reference signal of which the data content is 

25 unimportant. For example, the reference signal may contain 
AES silence, in which case each sample value in each channel 
is zero. The AES receiver 46 ref extracts the reference clock 
signal AES CLK from the AES reference signal and provides the 
reference clock signal to the AES engine 38, which generates 
3 0 suitable timing signals to control processing of the AES A 
and AES B signals. The AES engine supplies the reference 
clock signal AES CLK to the clock input of an AES phase 
aligner 50. 

Each receiver 46 A or 46 B extracts the clock signal from 
3 5 its AES input signal, recovers the audio data and 

demultiplexes the audio data and the control bits C, U and V. 
The receivers 46 A and 46 B supply the audio data to respective 
inputs of the AES phase aligner 50. The AES phase aligner 50 
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reclocks the digital audio data provided by the receivers 4 6 A 
and 46 B to generate respective reclocked serial audio data 
streams which are in phase with the AES reference signal and 
hence in phase with each other. The reclocked serial audio 
5 data stream does not include the preamble of the AES data 

stream. The phase aligner 50 reinserts the control bits C, U 
and V in each serial data stream and adds control bits F, A 
and S. See FIG. 4. The control bit F is set at 1. The 
control bit A is 1 for channel 1 and zero for channel 2 . The 
10 control bit S is equal to Z and is 1 for the start of a block 
and is otherwise zero. 

The AES phase aligner 50 provides the two reclocked 
serial audio data streams to respective serial in, parallel 
1==, out shift registers 54 A and 54 B , which convert the serial data 
i£tl5 to 8-bit parallel data. The structure of the 8-bit parallel 
^ data is shown in FIG. 5. Each AES sample is represented by 
j= four consecutive bytes. Two consecutive subframes are 
^ represented by an 8 byte sample sequence . 

\j The shift registers 54 supply the 8-bit parallel digital 

a 20 audio data to respective AES FIFO memories 58 A and 5 8 B under 

O 

^ control of the AES engine 38. The FIFO memories 58 A and 58 B 

H= are 9 bits wide. The 8-bit parallel . data is loaded into the 

lower bits of the FIFO memories and an additional sync bit is 
yg stored in the ninth bit location. The sync bit is set by the 

25 AES engine 38 and indicates the start of an 8-byte sequence. 
The sync bit is zero for byte zero of channel 1 and is 
otherwise 1, which makes it possible for the packetizer 3 4 to 
locate the first word of an 8-word sample sequence. The FIFO 
memories 58 are 2 56 bits deep, which provides for 3 2 samples 
30 of storage (256 bits/ (two channels * four words per 
channel) ) . 

A group assignment switch 62 x connected to the 
packetizer 34 allows the user to specify the group assignment 
of AES A and AES B. The rotary switch 62 1 has four settings, 
3 5 for groups 1, 2, 3 and 4 respectively, and a fifth setting 
(OFF) in which AES A and AES B will not be embedded. The 
packetizer uses the group assignment to generate a data ID 
value in accordance with SMPTE 2 72. 



12 



At the start of the active interval of line n, the 
packet formatter 3 0 issues a command to the packetizer 3 4 to 
read audio sample data from the FIFOs 58 and create SMPTE 272 
format data words and also issues a command to the packetizer 
indicating the number of samples (zero, three or four) to be 
included on line n+1 . 

The packetizer 34 reads alternately and repeatedly, at 
the AES clock rate, eight words (one sample of channel 1 and 
one sample of channel 2) from the FIFO 58 A and eight words 
from the FIFO 58 B . FIG. 6 represents one such sequence of 
eight words. In FIG. 6, the data bits for channel 1 have the 
prefix b and the data bits for channel 2 have the prefix c. 
The packetizer separates the auxiliary data (bits b0-b3 for 
channel 1, c0-c3 for channel 2) from the base data (bits b4- 
b23 for channel 1, c4-c23 for channel 2) and organizes the 
base data for channels 1 and 2 as six 9-bit words (FIG. 7A) 
and the auxiliary data for channels 1 and 2 as one 9-bit word 
(FIG. 7B) . In FIG. 7A, P is a parity bit. In FIG. 7B, ID is 
a channel pair identifier: ID is 0 for AES A and is 1 for AES 
B . The data format shown in FIGS . 7A and 7B corresponds to 
the audio data structure and the extended data structure, 
respectively, of SMPTE 272, except that the data words 
prescribed in SMPTE 272 are ten bits rather than the nine 
bits shown in FIGS. 7A and 7B. However, there is no loss of 
information because bit 10 of the SMPTE 272 word can be 
derived from bit 9 and whether the word is a data header 
word . 

Assuming that the packet formatter 3 0 calls for four 
samples, the packetizer reads four 8 -word sample sequences 
from each FIFO 58, organizes the data as SMPTE 272 format 
words, and groups the SMPTE 272 format words in packets, 
which are referred to herein as internal packets to 
distinguish from transmission packets which are created by 
the packet formatter 30. That is to say, the packetizer 
generates an internal base packet, with data header, data ID, 
block number, data count and sample data, and an internal 
extended data packet which follows the internal base packet. 
The sample data of the internal base packet is the base data 
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for sample 1 of AES A, channel 1, followed by the base data 
for sample 1 of AES A, channel 2, the base data for sample 1 
of AES B, channel 1, the base data for sample 1 of AES B, 
channel 2, the base data for sample 2 of AES A, channel 1, 
5 and so on to sample 4 of AES B, channel 2. Similarly, the 
sample data for the internal extended data packet is the 
extended data for sample 1 of AES A, channels 1 and 2, 
followed by the extended data for sample 1 of AES B, channels 
1 and 2, the extended data for sample 2 of AES A, channels 1 
10 and 2, and so on to sample 4 for AES B, channels 1 and 2. 

If the packet formatter calls for three samples, the 
packetizer reads only three samples of each channel from the 
FIFO memories 58 but nevertheless constructs internal packets 

p containing four samples, by repeating the data for sample 3 

t015 (base and extended) as sample 4, so that the number of words 
in the internal base and extended data packets is the same 

=§= regardless of the number of samples called for by the packet 

Jf formatter. 

Sj If the packet formatter calls for zero samples, e.g. 

s _20 because the current line is the switch line, the packetizer 
~S does not read samples from the FIFO memories and does not 

M= create internal packets. 

~ Whether the packet formatter calls for samples does not 

iQ depend on whether data is to be inserted in the SDI data 

25 stream: the SAMPLE NUMBER signal is simply an indication of 
the number of samples that should be inserted on the next 
line based on video signal format and line number. Whether 
the AES group is to be inserted depends on whether the group 
assignment switch selects a group number or OFF and on the 
3 0 embed mode, which will be discussed below. 

The packetizer always creates internal base packets if 
the embedder is receiving the AES reference signal AES REF 
regardless of whether the AES receivers 46 A and 4 6 B are 
receiving AES audio signals. Further, the packetizer 
3 5 generates internal extended data packets even when the audio 
sample data is 20 bits and not 24 bits. 

The packetizer supplies the internal base packets and 
the internal extended data packets to the packet formatter. 
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Because the number of words in an internal packet is the same 
regardless of whether the SAMPLE NUMBER command is three or 
four, the packetizer need supply only a fixed number of words 
to the packet formatter, and there is no uncertainty over 
whether the proper number of words has been supplied. 

The packet formatter creates a transmission base packet 
containing the elements of the internal base packet (data 
header, packet ID, block number, count and three or four 
audio data samples, depending on the SAMPLE NUMBER command) 
and the proper check sum. In the event that the SAMPLE 
NUMBER command calls for only three samples, the packet 
formatter normally truncates the packet and discards the 
repeated third sample. The packet formatter also creates a 
transmission extended data packet containing the elements of 
the internal extended data packet and the proper check sum. 
The transmission packets are in accordance with SMPTE 272 
except that the words are of nine bits instead of ten. 

The packet formatter writes the nine-bit transmission 
packets for line n into the video FIFO during the active 
interval of line n- 1 . 

During the HANC space of line n, the video multiplexer 
2 6 reads the nine— bit transmission packets for line n from 
the video FIFO at the parallel video clock rate using the SDI 
CLK generated by the SDI front end. The video processor 4 
includes a circuit which determines whether each word is a 
data header word based on the value of the word and the 
location of the word in the packet, calculates bit 10 based 
on the value of bit 9 and whether the word is a data header 
word, and supplies bit 10 to the video multiplexer. The 
video multiplexer 26 merges the ten-bit SMPTE 272 format 
packets with the incoming ten-bit parallel video data, 
received from the SDI front end, to produce a new video data 
stream which includes the SMPTE 272 data packets, using the 
data ID to specify the proper address in the HANC space. At 
the end of the HANC space of line n, the video FIFO is empty. 
Consequently, the first word read from the video FIFO on line 
n+1 is unambiguously the first word to be inserted in line 
n+1. Thus the illustrated embedder operates in a line 
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oriented mode, which is to say that the packet formatter 
generates audio data packets for one line of the video signal 
and supplies the packets to the video FIFO before starting to 
generate packets for the next line of the video signal, 
5 rather than supplying packets continuously to the video FIFO. 
Once the video FIFO has been emptied and the data has 
been inserted into the parallel video stream, the remainder 
of the HANC area is blank in accordance with SMPTE 12 5M, 
except for an EDH packet once per field. 
10 Nine bit words are generated by the packet formatter 

because it is convenient to use a nine bit video FIFO for 
supplying the packets to the video processor. The video FIFO 
is 512 words deep, which provides enough memory for the 
^ horizontal ancillary data space of a complete line. 
i%Ol5 The video processor 4 provides the resulting parallel 

y data stream to an output stage 64 which includes a serializer 
jp and scrambler which scrambles the data signal and converts it 
~~°4 to serial form, and a cable driver which provides an SDI 

^ video signal in accordance with SMPTE 259 for onward 

= 20 transmission. 

Q It is preferred that the 48 kHz AES reference clock be 

M, clock locked to the video clock, in which case there are 

W exactly 192 0 samples during one frame of a 2 5 Hz video signal 

and 8008 samples during five frames of a 29.97 Hz video 
25 signal. If, however, the AES reference clock is not clock 
locked to the video clock, it might be necessary to drop 
samples or repeat samples in order to avoid loss of 
synchronism between the audio material and the video material 
yet keep the correct number of samples per frame. In 
30 particular, if the 48 kHz reference clock is not clock locked 
to the video clock, there is a possibility of a clock slip, 
such that the AES clock falls behind the video clock. In 
this case, the AES FIFO might supply only 1919 samples during 
the frame interval of a 2 5 Hz video signal so that on a 
3 5 particular line that requires four samples, only three 
samples will be available. In this event, the packet 
formatter will not truncate the packet and will instead load 
the words of a four-sample packet into the video FIFO. 
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Conversely, if the AES FIFO supplies excess samples, the 

packetizer will selectively omit a sample. 

Although the packetizer always generates internal 

extended data packets, the operator can select whether to 
5 insert extended data packets, containing AES auxiliary data, 

in the video data stream. This selection is accomplished by 

a front panel switch which provides the operator with a 

choice of embedding 20 or 24 bit AES words. If the operator 

selects 20 bit words, the packet formatter does not supply 
10 the extended data packets to the video FIFO 66, and AES 

auxiliary data is not inserted. 

The embedder can operate in either of two modes, which 

are referred to herein as originate and cascade respectively, 
g When the embedder operates in the originate mode, it inserts 
yQ15 the data packets in the horizontal ancillary data space 
^ regardless of whether there was any ancillary data in the 

jj* incoming video stream. Any ancillary data in the incoming 

N video stream is overwritten. In the cascade mode, which is 

generally applicable only if the case of component video, the 
s 20 embedder inserts ancillary data at the end of the ancillary 
^ data present in the incoming video stream. The embedded 

§=h group detector detects the end of the ancillary data and 

W provides a signal to the packet formatter indicating how much 

i_g space is available in the HANC space. If there is 

25 insufficient space remaining in the HANC space for all the 

audio data, a portion of the audio data is inserted into the 

available HANC space and an error indication is provided to 

the operator . 

If the cascade mode is selected, there is a possibility 
30 of confl ict between the group number of the data embedded in 
the incoming video stream and the group number selected by 
the user with the group assignment switch 62^ If the packet 
formatter detects a conflict, it energizes the error LED. 

In the event that the input digital video signal is a 
3 5 digital component video signal, the ancillary data space is 
sufficiently large to accommodate six additional AES channel 
pairs. In this case, the embedder shown in FIG. 3 is used in 
conjunction with the expansion device shown in FIG. 8. 
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The expansion device includes an audio processor 8X 
which is connected to the audio processor 8 via an embedder 
interface 7 OX in the expansion device and a corresponding 
expansion interface 70 in the embedder. The expansion and 
5 embedder interfaces supply the AES reference clock to the 

audio processor 8X. The audio processor 8X also includes an 
AES engine 38X, which receives the AES reference clock signal 
from the embedder interface 7 OX and has a similar function to 
the AES engine 38 of the audio processor 8. 
10 The expansion device has six AES receivers 46 C -46 H , which 

receive respective AES data streams AES C - AES H and provide 
the audio data to respective inputs of an AES phase aligner 
50X. The phase aligner 50X receives the AES reference clock 
q signal from the embedder interface 7 OX and resynchronizes the 
*yQl5 digital audio data and provides six serial digital audio data 
y streams synchronized with the reference clock to respective 

_g serial- to-parallel converters 54 C -54 H . The serial- to-parallel 

N| converters 54 C -54 H convert the respective serial digital audio 
sLj data streams to 8-bit parallel data and provide the parallel 
s 20 data to respective FIFO memories 58 C -58 H , similarly to the 

Q 

J manner in which the serial-to-parallel converters 54 A and 54 B 
Mt provide parallel data to the AES FIFO memories 58 A and 58 B . 
W as in the case of the FIFO memories 58 A and 5 8 B , the FIFO 
^ memories 58 C -58 H are 9 bits wide and a sync bit is stored in 

25 the ninth bit location. The sync bit is zero for byte zero 
of channel 1 and is otherwise 1. 

The expansion device also includes a packetizer 34X 
which operates in similar manner to the packetizer 34 shown 
in FIG. 3. The packetizer 34X reads sequentially and 
3 0 repeatedly, at the AES clock rate, eight words from the FIFOs 
58 C -58 B . The packetizer 34X organizes the base data and 
extended data for each pair (AES C and AES D, AES E and AES 
F, AES G and AES H) as internal base and extended data 
packets and supplies the internal packets to the packet 
3 5 formatter 30 through the embedder interface 7 OX and the 
expansion interface 70. 

The operator interface of the expansion device includes 
three group assignment switches for assigning the three AES 
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channel pairs AES C/D, AES E/F and AES G/H to respective 
groups. The data ID of each internal packet supplied to the 
packet formatter 3 0 by the packetizer 3 4X reflects the group 
to which the channel pair has been assigned by its group 
5 assignment switch. 

The packet formatter receives the internal packets 
provided by the packetizer 3 4 and the internal packets 
provided by the packetizer 34X and checks the group 
assignments of the packets received from the packetizer 34X 
10 against the group assignment of the packets received from the 
packetizer 3 4 and energizes an assignment error LED in the 
event of a conflict, i.e. two or more AES channel pairs being 
assigned to the same group. 
q Assuming that there is no conflict, the packet formatter 

y315 creates transmission base and extended data packets from the 
**j internal packets received from the packetizer 3 4 and from the 

«p packetizer 34X and provides the nine-bit transmission packets 

N to the video FIFO 66. Operation of the video processor 

vj corresponds to that described above. 

2 20 Since the AES engine 3 8 and the AES engine 38X operate 

under control of the same clock signal, the embedder and the 

|=i embedder expansion device do not disrupt phase coherency 

across groups. Thus, if a sample of channel 1 of AES A is 

yrj aligned in time with a sample of channel 1 of AES C, the 

25 corresponding samples will be located at equivalent positions 
in the proper SMPTE 272 packets, and the two packets will be 
embedded on the same line of the digital component video 
signal . 

The disembedder shown in FIG. 9 is able to remove an AES 
3 0 audio group from a composite audio-video SDI data stream. 

Similarly to the embedder shown in FIG. 3, the disembedder 
shown in FIG. 9 includes a video processor 104 and an audio 
processor 108. The video processor 104 includes a video 
format detector 118 and a HANC data extractor 126. The audio 
35 processor 108 includes a packet reformatter 130, a 
depacketizer 134 and an AES engine 138. 

A ten-bit SDI data stream including embedded audio data 
is received at an input terminal 110 which supplies the SDI 
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data stream to an SDI front end 114. The SDI front end 114 
includes a cable equalizer, a reclocker which reclocks the 
SDI data stream to the received clock frequency, typically 
27 0 MHz, and provides as output the serial video data stream 
5 and a clock signal SDI CLK at the received frequency, and a 
presence detector which provides a signal to energize an LED 
116 to indicate that an SDI data stream is being received. 
The SDI front end supplies the rec locked serial video data 
stream to an output stage 164, including a cable driver. The 
10 SDI front end 114 also includes a descrambler which 

descrambles the serial video data stream and a deserializer 
which receives the descrambled serial video data stream and 
provides a 10-bit parallel output signal. The functional 
q components of the SDI front end are not separately shown 
ygl5 because they may be of conventional type. The 10-bit 
W parallel output signal of the SDI front end is supplied to 

the video processor 104 . 
N) The disembedder includes an AES receiver 146 ref for 

receiving a reference AES audio signal having a 48 kHz 

s 20 sampling rate. The AES receiver 146 ref extracts the reference 

rl 

J clock signal AES CLK from the AES reference signal. 

\a Alternatively, the disembedder may include a local AES 

W reference generator which receives the clock signal SDI CLK 

and uses it to synthesize the reference clock signal AES CLK. 
25 The user can select either the reference clock signal 

provided by the AES receiver 146 ref or the reference clock 
signal derived from the clock signal SDI CLK. In either 
case, the selected reference clock signal AES CLK is provided 
to the AES engine 13 8, which generates suitable timing 
3 0 signals for purposes to be described later. The AES engine 
supplies the selected reference clock signal AES CLK to the 
clock input of an AES output circuit 150 . 

The video format detector 118 examines the output signal 
of the SDI front end 114 and determines the format of the 
3 5 video signal from which the SDI signal was derived. Based on 
the format of the video signal, the format detector 118 
asserts a signal HANC AREA during the horizontal ancillary 
data space of the current line. The HANC data extractor 122 
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responds to the HANC AREA signal by locating the data ID of 
the base packet and supplying the lower nine bits of each 
word in the horizontal ancillary data space to a video FIFO 
166 . 

5 The video FIFO 166 accommodates the data read from the 

horizontal ancillary data space during one line interval of 
the SDI signal. During the active interval of that line, the 
packet reformat ter 13 0 reads all the data from the video 
FIFO, so that the FIFO will be empty at the start of the 
10 horizontal ancillary data space of the next line, and 
processes that data. 

Because the disembedder employs line oriented 
processing, information regarding the start of the header of 

__ a packet read from the HANC space is unambiguously available 

O 

ygl5 in the format of the data written into the video FIFO, 

without regard to the tenth bit of the data words, 
jp Consequently, a 9-bit video FIFO can be used without risk of 

SI loss of information regarding the location of the base data 

or the extended data. 
« 20 If the data read from the horizontal ancillary data 

^ space was derived from a single AES audio group that had been 

Li embedded in the SDI data stream in accordance with SMPTE 272, 

W the data read from the video FIFO 166 during the active 

interval of one line will have the structure of one nine-bit 
25 SMPTE 272 format base packet and possibly one nine-bit SMPTE 
272 format extended data packet, as described above with 
reference to FIGS. 7A and 7B. The base packet and the 
extended data packet contain the data for three or four 
samples of two or four AES channels. If no extended data is 
30 present, the data words have the same structure but the data 
bits of the extended data word are set to zero. The packet 
reformatter temporarily stores the base data and concatenates 
the base data with the extended data (if present) and 
generates a packet in which the data and control bits of each 
3 5 pair of samples are organized in the AES format shown in FIG. 
6. It will be recognized that although the data and control 
bits are in an AES format, the packet contains multiple 
samples for each channel. The sample data occupies the lower 
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eight bits of each, word and the reformatter adds a sync bit 
as bit nine. In each group of eight consecutive words 
between the data count and check sum, the sync bit is zero 
for the first word and one for the other seven words. It 
5 will be understood that in each sequence of sixteen 

consecutive words, the first group of eight words contains 
the data for one frame of one AES data stream and the second 
group of eight words contains the data for one frame of the 
other AES data stream. Consequently, a complete four-channel 
10 sample is made up of sixteen consecutive words. The packet 
reformatter supplies the AES- format packet to the 
depacketizer 134. 

The disembedder includes an output assignment switch 162 
P*, which selects a group number of the ancillary data to be 
%@15 processed in the depacketizer 134. In the configuration 

shown in FIG. 9, where the SDI data stream is digital 
Jp composite video and accordingly only supports one AES group, 

the output assignment switch will normally select group 1. 
sj If the group number included in the AES- format packet 

5 20 supplied to the depacketizer matches the group number 
J selected by the output assignment switch 162, the 

M> depacketizer places the sixteen words representing a four- 

4f channel sample successively on the depacketizer ' s output bus 
y3 136. Operating under control of timing signals generated by 

25 the depacketizer based on the SDI clock, the AES FIFOs 158 A 

and 158 B read the bus 136 so that the channel 1 and channel 2 
data for one AES channel pair is loaded into the FIFO 15 8 A 
and the channel 1 and channel 2 data for the other AES 
channel pair is loaded into the FIFO 158 B , thereby separating 
30 the two AES channel pairs. In this manner, the packet-wise 
data is converted to sample-wise data. 

The sync bit is used to coordinate reading of the FIFOs 
158, which are 256 bits {32 AES samples) deep. Specifically, 
the AES engine examines the output data of the AES FIFOs to 
3 5 ensure that the sample boundaries, defined by the sync bit 
being zero, are aligned. The nine-bit data words are read 
from the AES FIFOs, the sync bits are stripped and the 8-bit 
sample-wise output data having the structure shown in FIG. 5 
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is supplied to a parallel-in, series-out shift register 154 
under control of the AES engine 138. 

The parallel data loaded into the shift register 154 is 
read out in series and is supplied to the AES output circuit 
152, which brings the data into phase alignment with the AES 
reference, inserts the C bits and creates the Z preambles, 
and supplies the data stream to suitable drivers 156 which 
supply output signals in accordance with the AES standard. 

The mode of operation of the embedder shown in FIG. 3 
ensures that the audio material and the video material in the 
SDI signal provided by the output stage 64 are synchronized 
such that, for example, in the case of 2 9.97 Hz video 
material, there are exactly 8008 samples of audio material 
during five frames of video material. However, some 
y315 embedder s do not ensure synchronism, and such an embedder 
4f might produce an SDI signal in which there are fewer than 

^ 8008 samples during some five-frame periods and more than 

8008 samples during other five-frame periods. Loss of 
vj synchronism affects the depth of data in the AES FIFOs 158, 

s 20 and the depacketizer monitors the depth of data stored in the 

D 

~z FIFOs 158 to detect loss of synchronism between the audio 

'yp 

§=*= material and the video material. If the depacketizer detects 

« that the data is too deep or too shallow, it drops a sample 

jjk or repeats a sample as needed to maintain the proper depth of 

25 data. 

The output assignment switch 162 can also select 
silence. If the switch 162 selects silence, the drivers 156 
supply AES silence regardless of the data supplied by the 
HANC data extractor 126. 

30 In the event that the disembedder is used in an 

environment in which the SDI data stream might be derived 
from a digital component video signal, and could therefore 
accommodate more than one AES group, the disembedder is used 
in conjunction with the expansion device shown in FIG. 10. 

3 5 The expansion device includes an audio processor 108X which 
is connected to the audio processor 108 of the disembedder 
via a disembedder interface 17 OX in the expansion device and 
a corresponding expansion interface 170 in the disembedder. 
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The reformatter 13 Ox provides AES- format packets both to the 
depacketizer 134 and to the depacketizer 134X through the 
expansion and embedder interfaces. The expansion and 
embedder interfaces supply the AES reference clock to the 
audio processor 108X. The audio processor 108X includes an 
AES engine 13 8X, which operates under control of the selected 
reference clock signal AES CLK and has a similar function to 
the AES engine 138 of the audio processor 108. 

The depacketizer 13 4X and the AES FIFOs 15 8X operate in 
similar fashion to the depacketizer 134 and AES FIFOs 158, 
separating the packet-wise data of a group whose number 
matches the group number selected by an output assignment 
switch and placing the packet-wise data on the output bus 
13 6X for reading by the AES FIFOs assigned to the particular 
group and thereby converting the packet-wise data to sample- 
wise data. The shift registers 154X convert the parallel 
sample-wise data to serial form and supply the serial data to 
an AES output circuit 152X which performs analogous functions 
to the AES output circuit 152 . 

Because the depacketizers 13 4 and 13 4X operate under 
control of the same clock signal, the disembedder and the 
disembedder expansion device do not disturb phase coherency 
across groups. Thus, two samples at equivalent positions in 
the SMPTE 272 packets extracted from the same line of the 
digital component video signal will result in samples that 
are aligned in time in the appropriate AES data streams . 
Therefore, in the event that the embedder and disembedder 
system described with reference to FIGS. 3, 8, 9 and 10 is 
used to propagate an audio signal having more than four 
channels, phase coherency is preserved across the channels. 

In a video production facility, an embedder as shown in 
FIG. 3 and an embedder expansion device as shown in FIG. 8 
may be connected to supply an SDI data stream containing 
multiple audio groups to a disembedder as shown in FIG. 9 
connected to a disembedder expansion device as shown in FIG. 
10 . The output assignment switches of the disembedder and 
disembedder expansion device are set to recover the 
particular audio groups embedded by the embedder and embedder 
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expansion device. If the embedded multigroup data is phase 
coherent on a packet-by-packet basis, there will be phase 
coherency across the groups at the output of the shift 
registers 154 and 154X. However, if the output assignment 
5 switch 162 (FIG. 9) was temporarily changed to select 

silence, there is a possibility that the outputs of the shift 
registers 154 will no longer be phase coherent with the 
outputs of the shift registers 154X because the AES FIFOs 
158 A and 158 B will likely contain a different number of 
10 samples from the AES FIFOs 158X. The depacketizers 134 and 
13 4X are able to restore phase coherency by periodically 
forcing each AES FIFO to a preselected depth. The 
depacketizer tests the depth of each AES FIFO periodically 
p (each 1920 samples in the case of 625 line format or 8008 

yQl5 samples in the case of 525 line format) and repeats or drops 

hi 

'% a sample if the depth is too small or too great. Phase 

y3 

*p coherency is restored within a few seconds after a change in 

^2 the setting of the group assignment switch and with minimal 

<j impact on the integrity of the audio signal. 
5 20 There are other possibilities for disturbing phase 

o 

.yg coherency, and switching a group assignment switch to select 

M= silence is just one example. 

Jp The video processors 4 and 104 and the audio processors 

yrj 8, 8X, 108 and 108X may be implemented using field 

25 programmable gate arrays. A person skilled in the art is 
able to program a field programmable gate array to perform 
the functions described above. 

The disembedder and the disembedder expansion device 
always provide a 48 KHz AES data stream regardless of input. 
3 0 This ensures that downstream AES receivers remain phase- 
locked even if the input to the disembedder is changed or the 
user alters the setting of one or more of the output 
assignment switches. 

It will be appreciated that the invention is not 
3 5 restricted to the particular embodiment that has been 

described and illustrated, and that variations may be made 
therein without departing from the scope of the invention as 
defined in the appended claims and equivalents thereof. For 
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example, it will be appreciated that although the AES signals 
supplied to the AES receivers 46 A -46 H are at 48 kHz, AES 
signals that are to be embedded and have different sampling 
rates from 4 8 kHz can be converted to 48 kHz data streams by 
5 converting . to analog form and resampling at 48 kHz, or by use 
of digital signal processing techniques. Further, although 
the foregoing description is based on each audio group being 
composed of two AES data streams, those skilled in the art 
will recall that under SMPTE 272, an audio group could 
10 consist of only one AES data stream. 
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